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Speaker recognition is the technology that recognizes the speaker’s identity by 
the speech. It is one of the biology authentication technologies. Compared to other 
authentication technologies, it has a lot of advantages, such as easy speech data 
collection, real time recognition and long-distance recognition, etc. It can be used 
widely in many identity recognition domains such as guard system, password system, 
database, phone bank and so on. 
There are many methods used for speaker recognition, e.g., template matching, 
vector quantification (VQ), artificial neural networks(ANN), hidden Markov 
model(HMM) and Gaussian mixture model(GMM). Many research results have 
showed that GMM has its particular advantages in text-independent recognition 
system. 
In aspect of system construction, this paper describes the implementation of a full 
speaker recognition system by visual C++, including speech signal processing, feature 
extracting, model training and recognition. It uses Mel frequency cepstral coefficients 
(MFCC) as feature parameter. Compared to liner prediction cepstral coefficients 
(LPCC) the MFCC is much more like to the human hearing characteristics. It also 
uses GMM for speaker modeling. 
In the aspect of performance research, this paper has studied the performance of 
different numbers of Gaussian mixtures, in which the choice of mixture numbers 
related to training data are concluded. The paper also tests the performance of 
different training methods, such as maximum likelihood training, online training, and 
discriminative training. 
In the aspect of system improvement, this paper focuses on speaker verification. 
The key to speaker verification is to train a good imitator model. After making an 
analysis on the advantages and disadvantages of dedicated background model and 
universal background model, this paper comes up with a new unitary background 
model. The test results show that this method has effectively improved the 
performance of verification system. 
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基于语音的生物认证从 1937 年开始，以 C.A.Lindbergh 先生的儿子拐骗事件为
开端，对声音的说话人个性展开了科学的测量和研究，1945 年美国贝尔实验室
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